ABSTRACT Automatic gain control (AGC) is widely adopted in orthogonal frequency division multiplexing (OFDM) systems to compensate the significant variation of the received signal. In OFDM systems, the duration of the cyclic prefix (CP) is usually equal to the delay spread of the channel to minimize the system overhead. The inter-symbol interference (ISI) between consecutive OFDM symbols spreads over a large portion of the CP. The CP contaminated by the ISI should not be used to estimate the received power. If the duration of the remaining CP is shorter than the settling time of the AGC, then the gain adjustment will be carried out within the useful portion of the OFDM symbol. The subcarrier orthogonality is lost and the system performance is degraded by the resulting inter-carrier interference (ICI). In this paper, we propose a simple and efficient scheme to mitigate the ICI. The proposed scheme can be easily implemented in actual systems because of its low computational complexity. The simulation results show that the proposed scheme can increase the signal-to-interference-plus-noise ratio significantly compared to the traditional scheme.
I. INTRODUCTION
Orthogonal frequency division multiplexing (OFDM) is a popular scheme for communication systems. In OFDM systems, the received signal can vary over a large dynamic range due to variations of the transmit power and the path loss. Automatic gain control (AGC) is widely used in OFDM systems to make the power of the received signal approximately constant, so that the quantization error caused by the analog to digital converter (ADC) is minimized. And OFDM systems have a stringent requirement for the AGC in terms of the settling time.
AGC usually consists of three modules: a variable gain amplifier (VGA), a power detector and a loop filter [1] . The VGA adjusts the power of the received signal depending on the control signal. The other two modules belong to the control loop. The power detector estimates the received power. The loop filter provides the control signal, which is determined by the difference between the estimated power and the target power. AGC can be roughly divided into two categories according to whether the control loop is analog
The associate editor coordinating the review of this manuscript and approving it for publication was Vivek Ashok Bohara. or digital. For the first category [2] - [4] , the power detector and the loop filter are typically based on the analog circuit. For the second category [5] - [7] , the power detector and the loop filter are typically based on the digital circuit. The analog AGC is specific and complex. The digital AGC is generic and simple. Each category has its own advantages and disadvantages. The gain of the VGA can be converged in one step [8] , [9] . The one step scheme shortens the settling time of the AGC. At the same time, the one step scheme simplifies the analysis of the impact of the gain adjustment on OFDM systems. In this paper, the gain of the VGA is assumed to be adjusted in one step.
In OFDM systems, the duration of the cyclic prefix (CP) is usually equal to the delay spread of the channel to minimize the system overhead [10] . Due to the multipath effect, the inter-symbol interference (ISI) between consecutive OFDM symbols spreads over a large portion of the CP. In some scenarios, there is a large difference between received powers of consecutive OFDM symbols [11] , [12] . As a result, the CP contaminated by the ISI should not be used to estimate the received power. If the duration of the remaining CP is shorter than the settling time of the AGC, then the gain adjustment will be carried out within the useful FIGURE 1. The architecture of the proposed scheme to mitigate the ICI due to the gain adjustment in OFDM systems. The proposed scheme adjusts the power of the received signal after the ADC.
portion of the OFDM symbol. The subcarrier orthogonality is lost and the system performance is degraded by the resulting inter-carrier interference (ICI) [11] , [13] . This problem is more serious for OFDM systems without CP [14] , [15] or with insufficient CP [16] , [17] . The ICI should be mitigated to improve the system performance.
The traditional scheme of the AGC does not consider the mitigation of the ICI due to the gain adjustment in OFDM systems [8] , [18] . The ICI degrades the performance of the traditional scheme. References [13] and [19] force the power of the received signal to be adjusted within the CP. The settling time presents a significant challenge for the AGC design when the duration of the CP is short. The abrupt change of the gain is a specific time-varying channel. It is well known that the ICI is generated in the time-varying channel. A lot of schemes have been proposed to mitigate this kind of the ICI [20] - [23] . However, the schemes proposed in [20] - [23] cannot be directly applied to mitigate the ICI due to the gain adjustment in OFDM systems. The scenario considered in [20] - [23] is that equivalent channel filter taps during an OFDM symbol interval change continuously and independently. The scenario considered in this paper is that equivalent channel filter taps during an OFDM symbol interval change only once simultaneously. In addition, [20] - [23] do not take the nonlinear effect of the ADC into consideration.
In this paper, we propose a simple and efficient scheme to mitigate the ICI due to the gain adjustment in OFDM systems. Fig. 1 illustrates the architecture of the proposed scheme. To correct the behavior of the AGC, part of the output of the ADC is multiplied by a compensation factor before being fed into the discrete Fourier transformation (DFT) block. The compensation factor reduces the discontinuity of the received signal after the gain adjustment within the useful portion of the OFDM symbol. The computational complexity of the proposed scheme is linear in the number of subcarriers in the useful portion of the OFDM symbol. Due to the low computational complexity, the proposed scheme can be easily implemented in actual systems.
The rest of the paper is organized as follows. We derive the signal-to-interference-plus-noise ratio (SINR) when the gain is adjusted within the useful portion of the OFDM symbol in Section II. The proposed scheme to mitigate the ICI due to the gain adjustment is given in Section III. Section IV considers implementation issues of the proposed scheme.
The simulation results are presented in Section V. And Section VI concludes the paper.
II. SYSTEM MODEL
Let x = [ x 0 , x 1 , . . . , x N −1 ] t be the transmit signal in the frequency domain, where N is the total subcarriers of the OFDM system and (·) t denotes the transpose of the enclosed vector. We assume that x is a sequence of independent and identically distributed random variables with mean 0 and variance N x [24] , [25] . By the inverse discrete Fourier transformation (IDFT), x is transformed into the time domain x = [x 0 , x 1 , . . . , x N −1 ] t , where
and i is equal to 
, where σ j is the power of the jth channel filter tap and diag(·) denotes the diagonal matrix with the entries of the enclosed vector on its main diagonal. Let y = [y 0 , y 1 , . . . , y N −1 ] t be the received signal of the useful portion of the OFDM symbol after the gain adjustment. If L is smaller than or equal to L and the power of the received signal is adjusted just before receiving y n , then we have
where g is the gain of the AGC and n is the position of the gain adjustment. It is clear that 0 < g < ∞ and 0 < n < N − 1. Let
y j is distributed as CN (0, P) for j = 0, 1, . . . , n − 1 and
otherwise [27] , [28] . Without loss of generality, suppose the span of the ADC is equal to 1. The clipping ratio of y j is [29] 
If c o is the optimal clipping ratio, then g should be set to 2/(P c 2 o ) [11] , where P is the estimate of the received power. Let log 2 R be the resolution of the ADC. In the case of the mid-riser uniform quantization, the output range of the ADC is partitioned into R disjoint intervals:
If y j ∈ k , then y j is represented by q k+1 = (2k + 1)/R − 1. According to the Bussgang's theorem [30] , the quantized version of y j is modelled as Q(y j ) = s j y j + d j , where s j is the attenuation factor and d j is the quantization noise due to the nonlinear effect of the ADC. 
and
The signal-to-quantization-noise ratio (SQNR) of
Since the SQNR increases after the gain adjustment, we have
The DFT of the output of the ADC is given by (9) , as shown at the top of this page, where
N . w j is the total noise (the scaled white Gaussian noise plus the quantization noise) of the jth subcarrier and h j is the channel frequency response of the jth subcarrier. The following identity is used in step (I)
where
The second term in the last line of (9) corresponds to the ICI, which indicates that the subcarriers in an OFDM symbol are no longer orthogonal to each other. Applying the central limit theory, we get the approximation
and N o are the total noise powers before and after the position of the gain adjustment respectively. The SINR of the jth subcarrier is
where | · | denotes the magnitude of the enclosed variable and I (j, n) is equal to
(gs o − s f ) 2 I (j, n) corresponds to the power of the ICI.
A. THE VALUE OF E[I(j , n)]
To get a feel for the value of I (j, n), we derive a closed form expression for E[I (j, n)], where E[·] denotes the average of the enclosed variable over the stationary distribution of the channel. In preparation of the derivation, the following lemma is established.
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Lemma 1: The following equation holds for 0 < n < N − 1.
Proof: The recursive formula of (17) and
Then the explicit formula of
where in step (I) we use the identity [31]
From the recursive formula of (18), we obtain (20) and
The proof is complete. From (15), we have
where (·) * denotes the conjugation of the enclosed variable.
From the preceding lemma, we obtain
The value of E[I (j, n)] is constant for different subcarriers in an OFDM symbol and achieves its maximum value at n = N /2.
III. ICI MITIGATION
From (9), it is clear that the ICI does not exist when s f is equal to gs o . s f and gs o are equal to the scalings of the received signal before and after the position of the gain adjustment respectively. We can conclude that the cause of the ICI is mainly due to the abrupt change of the input of the DFT. To mitigate the ICI, the discontinuity of the received signal after the gain adjustment should be compensated. If Q(y 0 ), Q(y 1 ), . . . , Q(y n−1 ) are multiplied by a compensation factor before being fed into the DFT block, then the DFT input is smoothed and the ICI is mitigated. The block diagram of the proposed scheme is shown in Fig. 1 . The quantized version of the received signal before the gain adjustment is now: ξ Q(y j ) = ξ (s f y j + d j ) for j = 0, 1, . . . , n − 1, where ξ is the compensation factor. The attenuation factor is changed from s f to s f ξ and the power of the quantization noise is changed from D f to D f ξ 2 . The quantized version of the received signal after the gain adjustment is unchanged. Similar to the analysis of SINR j , the SINR of the jth subcarrier of the proposed scheme is
is the product of ξ 2 and N f . The partial derivation of SINR j (ξ ) to ξ is given by (24) , as shown at the bottom of this page. SINR j (ξ ) achieves its maximum value when ξ is equal to
ξ o is the optimal compensation factor. It is very expensive to calculate ξ o . Also, ξ o depends on the subcarrier index, which results an impractical implementation. We need to simplify ξ o to make the proposed scheme practical. The resolution of the ADC is usually around 10 bits in actual systems [32] , [33] . In this case, the SQNR is much larger than 1 over a wide range of clipping ratios, as illustrated in Fig. 2 . The clipping ratios before and after the position of the gain adjustment fall into this range with sufficiently high probability. Thus we can safely assume that the following two expressions hold
FIGURE 2. SQNR as a function of the clipping ratio for different resolutions of the ADC. The SQNR is much larger than 1 over a wide range of clipping ratios. SQNR decreases slowly when the clipping ratio is larger than c o and rapidly when the clipping ratio is smaller than c o .
From (22), the following back-of-the-envelope approximation is available
Substituting (28) into (26) and (27), we have
(29) and (30) can be used to simplify (25)
The computational burden of (31) is reduced significantly compared to (25) . ξ * = gs o /s f does not depend on the subcarrier index and is the preferred compensation factor to mitigate the ICI due to the gain adjustment in OFDM systems. When Q(y 0 ), Q(y 1 ), . . . , Q(y n−1 ) are multiplied by ξ * , the scalings of the received signal before and after the position of the gain adjustment are approximately the same. And the ICI is expected to be reduced significantly.
A. THE BEHAVIOR OF SINR j (ξ * ) AS A FUNCTION OF n
In this subsection, we investigate the behavior of SINR j (ξ * ) as a function of n. SINR j (ξ * ) is given by
Note that (gs o − s f ξ * ) 2 I (j, n) is equal to zero. Thus the ICI is completely removed when ξ * is chosen.
Take the partial derivation of SINR j (ξ * ) to n, we have
where in step (I) we use (8) . We can conclude that SINR j (ξ * ) decreases with n. The settling time of the AGC should be as short as possible to increase SINR j (ξ * ). This is consistent with the intuition.
IV. IMPLEMENTATION ISSUES
In this section, we discuss implementation issues of the proposed scheme. The clipping ratios before and after the position of the gain adjustment are estimated as c e = 2/P and c o respectively. The estimates of s f and s o are obtained as
And the estimate of ξ * is obtained as
From (35), we can conclude that ξ * is only a function of log 2 R and P . Thus ξ * can be obtained by using the look-up table to reduce the computational complexity significantly. In general, P is not equal to P . The ICI can not be completely removed with the proposed scheme in actual systems. The residual ICI is (gs o − s f ξ * ) 2 I (j, n). The resolution of the ADC log 2 R is usually fix at the receiver. We assume that the estimate of the received power P is in the range P ↓ dB to P ↑ dB. If the resolution of the estimated power is P R , then there is a total of (P ↑ − P ↓ )/P R values in the look-up table. The memory of the look-up table is small. The proposed scheme only requires n complex multiplications. The computational complexity of the proposed scheme is low.
V. SIMULATION RESULTS
Simulations are carried out in this section to give numerical results of the proposed scheme and the traditional scheme. The transmission bandwidth is 1.4MHz, the sampling rate is 1.92MHz and the subcarrier spacing is 15kHz. The duration of the CP is equal to the delay spread of the channel. The channel models are the AWGN and the extended pedestrian A 5Hz (EPA5) with low spatial correlation [34] . The delay spreads of the AWGN channel and EPA5 channel are 0ns and 410ns respectively. For the state of the art, the settling time of the AGC is usually longer than these delay spreads. It is highly likely that the gain adjustment is carried out within the useful portion of the OFDM symbol. When evaluating the SINR performance, the signal-to-noise ratio (SNR) used in the simulations is 30dB, where SNR = N x L−1 l=0 σ l /N 0 . The other parameters used in the simulations are: N = 128 and log 2 R = 10.
A. SINR PERFORMANCE
In this subsection, the SINR performance is evaluated. The receiver is assumed to have a perfect estimate and a real estimate of the received power P respectively.
1) THE CASE P = P
In the first part of this subsection, the receiver is assumed to have a perfect estimate of the received power P. The difference between the average clipping ratio before the position of the gain adjustment and the optimal clipping ratio is defined as c 2 The decrease in E[SINR j (ξ * )] is mainly due to an increase in the quantization error before the gain adjustment. The scenario of c < 0 is usually more seriously affected by the nonlinear effect of the ADC compared to the scenario of c ≥ 0, as illustrated in Fig. 2 . Thus, we see that E[SINR j (ξ * )] first increases with c and then is close to the maximum value. If the proposed scheme is adopted in OFDM systems, the scenario of c ≥ 0 is clearly preferred over the scenario of c < 0. In order to make the first scenario appears with high probability, the initial gain of the AGC should be low. 2) THE CASE P = P In the second part of this subsection, the receiver is assumed to have a real estimate of the received power P. The difference between the real estimate of the received power and the perfect estimate of the received power is defined as
As mentioned above, the scenario of c ≥ 0 is preferred over the scenario of c < 0. Thus the scenario of c ≥ 0 is focused in the following simulations. Fig. 7 compares E[SINR j ] and E[SINR j (ξ * )] as a function of P for different n and c in the AWGN channel. In the traditional scheme, the difference between the scalings of the received signal before and after the position of the gain adjustment increases with |P − c |. Thus, we see that E[SINR j ] first increases and then decreases with P . And when P = c , E[SINR j ] is maximized. A small estimation error of the received power results in a negligible reduction in E[SINR j (ξ * )]. E[SINR j (ξ * )] begins to decrease significantly when the estimation error exceeds a threshold. The power of the received signal usually can be estimated with a high degree of accuracy. Thus the proposed scheme has good performance in actual systems. that the behaviors of E[SINR j ] and E[SINR j (ξ * )] in the EPA5 channel are similar to those in the AWGN channel. In all the considered scenarios, E[SINR j (ξ * )] is much larger than E[SINR j ]. The proposed scheme is more robust to P compared to the traditional scheme.
B. BLER PERFORMANCE
To verify and validate the simulation results of the SINR performance, the block error ratio (BLER) performances of the traditional scheme and the proposed scheme are evaluated in this subsection. Channel coding is based on the third generation partnership project (3GPP) long term evolution (LTE) Turbo coding [35] . The code rate is 0.90 and the modulation scheme is 64 quadrature amplitude modulation (64QAM) using Gray mapping. The modulation symbols are mapped to W consecutive OFDM symbols, whose received powers can be assumed to be the same. In general, the received powers of these W consecutive OFDM symbols and the preceding OFDM symbol are different. When receiving these W consecutive OFDM symbols, the gain only needs to be adjusted in the first OFDM symbol.
The BLER performances of the traditional scheme and the proposed scheme in the AWGN channel are plotted in Fig. 9 and Fig. 10 . The BLER performance of the traditional scheme decreases with |P − c | and that of the proposed scheme is almost constant with respect to P and c . For the traditional scheme, the SINR is expected to decrease in the first OFDM symbol and is essentially unaffected by the nonlinear effect of the ADC in the second to the W th OFDM symbol. For the proposed scheme, the SINR is essentially unaffected by the nonlinear effect of the ADC in all the W consecutive OFDM symbols. Thus, we see that the BLER performance of the traditional scheme increases with W and that of the proposed scheme is almost constant with respect to W . Ultra-reliable and low-latency communication (URLLC) is a type of service provided in 5G [36] . This type of service has a stringent requirement for latency. Low latency can be achieved by allowing data to be transmitted over few OFDM symbols, which results a small W . The proposed scheme has a large advantage over the traditional scheme in this scenario. The BLER performances of the traditional scheme and the proposed scheme in the EPA5 channel are plotted in Fig. 11 and Fig. 12 . The behaviors of the BLER performances of the traditional scheme and the proposed scheme in the EPA5 channel are similar to those in the AWGN channel. In all the considered scenarios, the BLER performance of the proposed scheme is much better than that of the traditional scheme. This is consistent with the SINR performance.
VI. CONCLUSION
In this paper, we propose a simple and efficient scheme to mitigate the ICI due to the gain adjustment in OFDM systems. Q(y 0 ), Q(y 1 ), . . . , Q(y n−1 ) are multiplied by a compensation factor before being fed into the DFT block. The compensation factor reduces the discontinuity of the received signal after the gain adjustment. The proposed scheme can be easily implemented in actual systems because of its low computational complexity. The simulation results show that the proposed scheme increases the SINR significantly compared to the traditional scheme. 
